Abstract-The soft handoff call requests of real-time services in third-generation (3G) direct-sequence code-division multiple access (DS-CDMA) and first-and second-generation cellular systems are more important than new call requests from the viewpoint of quality of service (QoS). Rejection of soft handoff requests causes forced termination of an ongoing real-time call, which is a severer problem than blocking of new call attempts. An admission control scheme that can guarantee a higher QoS for the soft handoff requests of real-time services in 3G DS-CDMA systems is proposed for delay-sensitive voice and delay-tolerant stream-type data services. The proposed scheme (P-Scheme) accommodates both voice and data services by utilizing the full bandwidth. However, voice soft handoff call requests are given priority over new voice call and stream-type data packet requests by suppressing interference from stream-type data services according to voice soft handoff requests, and by varying interference levels. Performance of the P-Scheme is evaluated using a Markovian model. Results are compared with a conventional reservation scheme (C-Scheme) that reserves resources exclusively for voice soft handoff requests. Numerical results show that system performance can be significantly improved using the proposed P-Scheme, compared with the conventional C-Scheme, when various types of service are supported in third-generation DS-CDMA systems.
I. INTRODUCTION

R
EJECTION of a soft handoff request causes forced termination of an ongoing delay-sensitive voice service. Therefore, soft handoff call requests are more important than new call requests in first-and second-generation cellular systems from the viewpoint of quality of service (QoS). The importance of soft handoff is also apparent for real-time delay-sensitive services in third-generation cellular systems that support various types of services.
There have been many studies regarding efficient admission control schemes that give priority to handoff call requests over new call requests. However, these studies have focused mainly on time-and frequency-division multiple-access systems and can generally be classified into two groups. The first type reserves channels for handoff requests, and the second type queues handoff call requests waiting for available channels [1] - [4] . Channel reservation schemes are useful since they give priority to handoff requests. However, these schemes reduce handoff failure probability at the expense of a higher call blocking probability [4] .
Admission control schemes in direct-sequence code-division multiple-access (DS-CDMA) systems that give priority to soft handoff call requests need to be considered in terms of interference power because DS-CDMA systems are interference-limited. Admission control schemes for stationary users in DS-CDMA cellular systems have been studied based on the signal-to-interference ratio (SIR) [5] - [7] . Performance of soft handoff in DS-CDMA cellular systems has been investigated in [8] - [10] , but priority between soft handoff and new call requests was not taken into account. Wu and Chang [11] considered a scheme for admission control with priority for soft handoff requests that reserves resources for soft handoff requests in an integrated voice/data CDMA cellular system. However, they considered only the case where both voice and circuit-type data services were real-time. They focused on admission control for voice soft handoff requests in DS-CDMA cellular systems that support both real-time voice services and non-real-time stream-type data services. Stream-type data services here indicate delay-tolerant services with relatively long packets. Such services include file transfer, electronic mail with attached files, and fax. Any delay-tolerant service that can use a dedicated channel for data transmission is included. This type of data service is expected to constitute a considerable portion of total data traffic in third-generation (3G) cellular systems [12] .
An admission control scheme that gives priority to voice soft handoff call requests and accommodates voice and stream-type data services is proposed on the uplink of a DS-CDMA cellular system. The proposed scheme admits all admission requests without discriminating between soft handoff and new call requests if radio resources are available. However, the scheme gives priority to voice soft handoff requests by suppressing interference from stream-type data services under two conditions. The first condition is when resources are insufficient to accept a voice soft handoff request. The second condition is when the number of data services is larger than a minimum number 0018-9545/02$17.00 © 2002 IEEE that is needed for effective suppression. A simple method of suppressing the interference from stream-type data services is to simultaneously reduce the data rate of all data services. However, this method yields even lower system throughput than the transmission time scheduling method that supports fewer services with full data rates at the same time. Each stream-type data service with reduced rate suffers more interference from other stream-type services [13] . Thus, we do not consider reduction of data rates for interference suppression. If suppression of interference from stream-type data services is required, the associated base station (BS) controller first determines on/off periods. Then, the BS controller schedules each on-period of the mobile user with a data service such that the interference received at the BS is suppressed.
We derive the blocking probability of new voice call arrivals, the soft handoff failure probability for voice services, the data packet loss probability in the data packet level, the system throughput, and the delay at the frame level using a Markovian model to investigate the performance of the proposed scheme. The inherent DS-CDMA characteristic of interference-limited capacity is taken into account in the model by allowing statistical variations for other cell interference. The performance of the proposed scheme, based on numerical results of the analysis, is compared with the performance of a conventional reservation scheme (C-Scheme) that reserves resources exclusively for voice soft handoff requests.
II. SYSTEM MODEL
Admission of access requests depends on many factors since DS-CDMA systems are interference limited. These factors include required QoS values, data rates, power-control schemes, the channel coding rate, and modulation schemes. The following assumptions are made to clarify problems regarding admission control for voice soft handoff requests. 1) Perfect power control is assumed for simplicity. The received power at a BS from a voice or data service is controlled so that the SIR is constant. Thus, if and denote the received power at a BS from a voice service and from a data service, respectively, then both and are functions of the number of voice services and the number of data services . 2) A good channel coding scheme improves the performance relationship between the bit error probability and the bit energy to noise spectral density ratio . An eight-state turbo code (parallel concatenated convolutional code) with a rate of 1/3 and ten iterations for Hughes Network Systems (HNS) decoding [14] is assumed. A simulation result for correlated fading channels described in the document for 3GPP TSG RAN Working Group1 [14] is used to find the value of for a required . 3) Other cell interference occupies a considerable amount of resources. Thus, it is important to select an appropriate model for representing the statistical distribution of other cell interference. A Gaussian distribution is a generally acceptable model. However, since the amount of interference is nonnegative, gamma distributions give a better fit in real environments [15] . Under the assumption of equal loading over a whole service coverage, a gamma distribution is used for the other cell interference , which is normalized to the required value of the received power from a voice service . has a probability density function (pdf) pdf of the gamma distribution with a mean of and a variance of , where and denote the ratios for the mean and the variance of other cell interference to the inner cell interference, respectively. From simulation results [15] , the two coefficients and are 0.57 and 0.22. Based on the assumption of equal loading over all cells, the mean and variance of other cell interference are calculated based on the value of , , , and in the home cell.
A. W-CDMA System
The basic protocol and channel structure of this study follow a W-CDMA system, which is a representative third-generation system. In the W-CDMA system protocol stack, the link layer consists of the medium-access control (MAC), radio link control (RLC), and link-access control (LAC) functions. The LAC provides data link layer functions from/to higher layers. Data packets that arrive via the link of the LAC from higher layers are segmented by RLC and mapped or/and multiplexed by MAC. The RLC provides the LAC with an assured mode of operation in order to maintain a reliable link using low-level retransmission [16] , [17] . Fig. 1 shows frame-level transmission of data packets. Frames segmented from an arriving packet are temporarily stored in a transmission (TX) queue and copied into a buffer. For each transmission of a frame, either an acknowledgment (ACK) message or a nonacknowledgment (NACK) message is signaled from the BS. If an ACK message is received, the frame is erased from the buffer. Otherwise, the copied frame in the buffer is moved to the TX-queue and retransmitted.
Packet-type access is more efficient under two conditions [12] : 1) when the sum of channel setup time, release time, and channel inactivity timer value is less than the over-the-air message transfer time and 2) when the on-time period is less than the off-time period (less than 50% duty cycle). Thus, for stream-type data services, we adopt a W-CDMA dedicated channel structure that consists of dedicated data channel(s) (ddch) and a dedicated control channel (dcch). Data frames are transferred on ddch channel(s). The corresponding dcch channel carries control information, including pilot bits, transmit power control bits, the transport-format combination indicator, and feedback information [16] . 1 
B. Conditions for Channel Quality
Frame error probability is considered as a measure of framelevel transmission for the quality of a channel state. Let and denote the required values of frame error probability for voice and data services, respectively. For a given data rate, a required value of can be transformed into the corresponding required value of the bit error probability using the following relation [18] : (1) where is the number of bits in a voice frame. The same relation between and can be given with the number of bits in a data frame . Under assumption 2) of the turbo coding, and can be found from the required probabilities and , respectively. Therefore, if the required frame error probability is determined, the corresponding value of and can be obtained. These values are related to the interference level from a number of voice and data services and other-cell interference as (2) (3) where is the bandwidth, and are the respective data rates of voice and data services, is the thermal noise spectral density, is the relative power of a dedicated channel compared to the power of a ddch channel for a voice service, and is the relative power for a data service. The received power of a dedicated channel is the sum of the power from the associated ddch channel and the power from the associated dcch channel. Thus (4) (5) where is the power of a dcch channel relative to the power of a ddch channel for a voice service (a data service) and is the voice activity. The data activity is one for the C-Scheme. It is determined by the interference suppression for the P-Scheme. If denotes the ratio of received power of a data service to a voice service, then and can be respectively derived as (6) (7) where is derived as . Thus, the required channel qualities of voice and data services can be simultaneously supported if the following inequality holds: (8) is assumed to be 1 dB over the value of [7] when only voice services are maximally supported ( has a maximum value and ). The right side of (8) is the maximum normalized resource in a cell. However, soft handoff increases the total resource since it reduces interference from users in a soft handoff region. Referring to [9] and [19] , increased resource availability is taken into account by adopting a factor . Thus, the total resource in a cell is times the right side of (8) and is denoted as the total allowable interference level (TAIL). 
III. THE PROPOSED ADMISSION CONTROL SCHEME FOR SOFT HANDOFF REQUESTS
We propose an admission control scheme that guarantees different QoS values for voice soft handoff call requests and new voice call and data packet requests in DS-CDMA cellular systems supporting voice and stream-type data services. Since CDMA systems are interference-limited, voice and stream-type data services can be blocked by severe received interference. That is, a service request is blocked if the sum of the total received interference power at the associated BS and the estimated power from an access request is larger than a blocking threshold value . is set to a value less than . The proposed scheme is based on interference power information for voice and stream-type data services and total received interference. Fig. 2 shows a BS receiver structure for interference measurement in the proposed P-Scheme. The total received interference power can be measured at the radio-frequency receiver output. The power of each service is measured at the output of each channel correlator.
To support both voice and data service traffic by using full bandwidth, voice and data services are admitted without priority if there are resources available to accommodate new service requests. The P-Scheme gives priority to voice soft handoff requests over new voice call and data packet requests by suppressing the interference from stream-type data services. Suppression is made if no resources are available for a voice handoff request. As a means of suppressing the interference from stream-type data services, on/off periods are scheduled on the ddch channel of each data service. The on and off periods are aligned at different system frame times among the data services so that the interference received at the associated BS is suppressed. Fig. 3 shows how to suppress the interference from stream-type data services. and denote the interference from voice and stream-type data services, respectively. When is expected to be larger than in the th frame time in normal (nonsuppression) mode, each mobile station with a stream-type data service is directed in the th frame time to start time scheduling in the th frame time. The interference from stream-type data services is suppressed by a resource amount so that the total received interference is less than in the th frame time.
indicates the amount of suppressed interference power among the total interference power from stream-type data services. Thus, the suppression ratio is calculated as . A voice soft handoff request can be admitted even if the total received interference plus is larger than in normal (nonsuppression) mode, since interference suppression from stream-type data services provides resources for an arriving voice soft handoff request. The interference from data services is suppressed if both of the following two conditions are satisfied: 1) when there is no resource to be assigned upon arrival of a voice soft handoff request and 2) when the resources assigned for data services exceed . Since resource is acquired by suppressing the interference from data services, should be larger than . is assumed here to be 2
, and denotes the minimum number of data services from which the amount of interference is larger than . Thus, suppression is allowed only if the number of data services is equal to or larger than . A voice soft handoff request is blocked if the total interference plus is larger than in suppression mode, and neither additional new voice call nor data packet requests are admitted in suppression mode.
The release procedure of suppression mode is shown in Fig. 4 . Whenever a connection is released, the BS controller checks if the total interference is less than
. If the case, suppression mode is released. 5 shows a timing diagram for frame transmission in the suppression mode of the P-Scheme. The on-period of each data packet starts at a different system frame time and is maintained during frame times. However, the frame time of each service on the reverse link of W-CDMA systems is not aligned to system frame time. The frame times of services on the reverse link are different because of different propagation times and soft handoffs. Thus, each stream-type data service starts to transmit the corresponding frames during the first system frame time of the on-period and holds the transmission during the last system frame time. The actual transmission time for an on-period is , where is a frame time. A reduction of one frame in the calculation of actual transmission time is caused by a difference between the system frame time and the actual transmission frame time on the reverse link in W-CDMA. The actual transmission frame times of services on the reverse link are different because of different propagation times and soft handoffs. For given stream-type data packets, the on-period and the off-period are determined as follows:
where indicates the largest integer that is less than or equal to and is an integer that determines an appropriate value for in multiples of (10) The lengths of the two periods are identical for all stream-type data users and, thus, can be passed to data users by broadcast. However, the associated BS should inform each data service MS of the start frame time of the on-period. Additional signaling messages are required for the proposed scheme in order to suppress interference from stream-type data services. Each mobile data user is informed of the following three suppression parameters: 1) the start system frame number of the on-period, 2) the length of the on-period, and 3) the length of the off-period. It is assumed that this information is carried in a five-octet message format. This message format is composed of a parameter identifier, the message length, the start frame number of the on-period, the length of the on-period, and the length of the off-period. Since the length of the superframe in the W-CDMA system is 72 frames, one octet is sufficient for each suppression parameter. The signaling load can then be determined from the completion rate of data services since each suppression period should be reset on the completion of each data service.
is given by bits per second, where is the completion rate of stream-type data services under suppression. This signaling load is 12.5%, 1.25%, and 0.125% for values of 10, 1, 0.1 1/s, respectively, if the number of data services is 20 and the data rate is 64 kb/s. Therefore, the signaling load of the P-Scheme can be neglected for data services where the channel holding time is greater than 1 s.
IV. PERFORMANCE ANALYSIS
To model the proposed admission control scheme, a threedimensional Markovian model is used with a state definition of , where indicates whether the system is in suppression mode or in normal mode . New voice call arrivals and new stream-type data packet arrivals are assumed to follow Poisson distributions with mean rates and , respectively. Voice soft handoff call and stream-type data handoff packet arrivals follow Poisson processes with mean rates of and , respectively. The mean arrival rates and are proportional to and with coefficients and , respectively, indicating the average number of handoff requests during a service holding time. These coefficients and were previously derived for various cases in CDMA systems [9] , [20] , [21] .
The voice service holding time is assumed to be exponentially distributed with a mean rate of 1 . The data packet length is also assumed to be exponentially distributed with a mean of 1 . However, the actual service holding time increases as much as the lost frame times since they must be retransmitted. Thus, if the actual service rate is denoted by , then it is given by (11) where is the number of frames in a data packet with a mean value given by . The service holding time of data packets in suppression mode is longer than that in normal mode since data frames are not sent during the off-period. If 1 denotes the mean service holding time in suppression mode, then it is given by (12) Channel holding time of a service in a cell is determined by the minimum of the service holding time and residual time in a cell [9] , [20] , [21] . The means of channel holding times for voice services in normal or suppression mode, stream-type data services in normal mode, and suppression mode are denoted by 1 , 1 , and 1 , respectively. is state-dependent on the number of data service users since and are random variables from . Therefore, is state-dependent since is a function of . 
A. Conditional Blocking and Admission Probabilities
An arriving voice or data service request is admitted only if interference from voice and data services and other cell interference is less than minus an amount of interference required by a new service. Since other-cell interference is assumed to follow a gamma distribution [a pdf of pdf , Assumption 3) in Section II], a statistical determination can be made as to whether a new service arrival is admitted or blocked.
A data packet request at a system that currently supports voice services and data services is blocked with the following probability :
Residual interference margin (13) where is the normalized residual interference margin for a service request without other cell interference that is given by (14) Therefore, the admission rates of new data and data soft handoff packet requests are given by , and , respectively. The proposed scheme gives priority to voice soft handoff requests over new voice call request and data packet requests by the interference suppression of data packets if the number of stream-type data services is larger than . Thus, voice soft handoff call requests at a system with data services less than and new voice call arrivals are blocked with the following probability :
Residual interference margin
When the number of stream-type data services is larger than , voice soft handoff requests can be admitted with suppression even if the other cell interference is larger than . This probability occurs when the normalized other-cell interference is larger than but less than since the additional resource can be supported for a voice soft handoff request for the proposed scheme. Thus, is expressed as if otherwise.
(16) Fig. 6 shows the conditional blocking probabilities and the admission probabilities for voice soft handoff call requests, new voice call requests, and data packet requests. The conditional blocking probability for voice soft handoff requests is reduced by . Upon service completion of a voice call or data packet, suppression mode is released to a normal mode if the total received interference is less than without suppression. Otherwise, the suppression mode is sustained. If and denote the probabilities that suppression is not released on voice and data service completions, respectively, under the condition of the system in state , then these probabilities can be expressed as (17) (18) 
B. Markovian Model
If denotes the state transition rate matrix, it is composed of state transitions in normal mode, in suppression mode, and between the normal and suppression modes. In normal mode, new voice call or data packet requests and soft handoff requests are not discriminated. There are four transitions: 1) a voice call request, 2) a data packet request, 3) a voice call completion, and 4) a data packet completion. Elements of corresponding to the four state transitions in normal mode are given by (19) at the bottom of the next page. In suppression mode, there are three transition cases: 1) a voice soft handoff call request, 2) a voice call completion, and 3) a data packet completion. Voice soft handoff call requests are admitted with a probability of 1 , but new voice call and data packet requests at the system in suppression mode are blocked. See (20) at the bottom of the next page. Fig. 7 shows a state transition rate diagram in normal and suppression modes.
Between the normal and suppression modes, there are three state transitions: 1) admission of a voice soft handoff call with suppression, 2) admission of a voice call request, and 3) a data packet completion with release of the suppression mode. Elements of corresponding to transitions between the normal and suppression modes are given by (21) at the bottom of the next page. Fig. 8 illustrates a state transition diagram between the normal and suppression modes.
As performance measures, we consider the blocking probability of new voice call requests , soft handoff failure probability , data packet loss probability , throughput , and frame delay . If the equilibrium distribution is represented as , then the blocking probability of new voice call requests is the summation of conditional blocking probabilities over all the states in normal mode and state probabilities in suppression mode (22) The voice soft handoff failure probability is the summation of conditional blocking probabilities over all the states (23) Data packet losses are caused by blocking of data packet arrivals. Thus, the data packet loss probability is expressed as (24) The throughput is defined as the mean number of successfully received frames per second. For given data packets under transmission, frames are successfully transfered over 1 s. Thus, the throughput can be expressed as
The frame delay is defined as the mean number of frame times for successful reception of a frame from the time of frame transmission at an MS to the time when the frame is successfully received at the associated BS. The normalized mean frame delay can be derived as 
C. Performance Analysis for a Conventional C-Scheme
The performance of a conventional C-Scheme, which reserves an amount of resources exclusively for voice soft handoff call requests, is analyzed in a similar manner as for the P-Scheme.
New voice call and stream-type data packet requests are admitted if is less than and , respectively. If we let and denote the respective conditional blocking and loss probabilities, they are given by (28) (29)
Voice soft handoff requests are admitted if there are available resources including . Thus, is given by
With a state definition of for the C-Scheme, the state transition rate matrix is given by (31) at the bottom of the page. In a similar manner to the P-Scheme, performance measures for the C-Scheme can be found using the transition rate matrix where is the probability of state ( , ).
V. NUMERICAL RESULTS AND DISCUSSION
The performance of the proposed admission control scheme is evaluated under the following assumptions.
1) The information bit rates of voice and data services are set at 32 and 64 kb/s, respectively, which require channel symbol rates of 120 and 240 ksps with 1/3 turbo code.
2) The data rate of the dedicated control channel is set at 15 kb/s with relative powers for and for of 1/8 and 1/16, respectively.
3) The voice activity is set at one for simplicity. 4) The required value of is 0.01 and is 0.001. 2 5) BPSK modulation. 6) A bandwidth of 3.84 Mcps. 7) A frame time of 10 ms. 8) The minimum number of data services for the suppression is four from the above values of parameters. 9) An integer value for the on/off periods is set at one. 10) The blocking threshold is set at TAIL--4 in the normalized interference power, where is an amount of reserved resources for other types of service not included in this study. To determine the total resource increase factor and the soft handoff request rates and , the derivation in [9] is used assuming a square cell structure [9] , [20] , [22] . Fig. 9 illustrates a soft handoff region, an inner region, and cell boundaries, where 2 and 2 denote the length of a square cell and the width of a soft handoff region, respectively. In general, mobile stations (MSs) tend to reside for a longer time in a larger cell. The average residual time in a cell is known to be proportional to the cell radius and inversely proportional to the speed of an MS [21] . If the average residual times in a cell region is assumed to be proportional to the shortest distances from the center to the boundary, then the following relation between 1 and 1 is assumed, where 1 and 1 are the average residual times in an outer cell and in an ordinary cell, respectively [9] (37) Thus, the means of channel holding times 1 , 1 , and 1 for voice services in normal/suppression modes, 2 The corresponding values of P and P are 2.51 1 10 and 1.25 1 10 , respectively, from (1) , and the corresponding values of (E =N ) and (E =N ) are also obtained from the results of [14] stream-type data services in normal mode, and suppression mode are given by , , and
, respectively. Table I shows the values of , , and calculated from [9] with parameters, radio propagation constant , and the standard deviation of shadowing . The numerical solution of (22)- (26) and (32)-(36) in Section IV requires truncation of the state distribution. Since we defined the conditional blocking probability in Section IV-A such that all admission requests are blocked if the current interference is larger than , all the truncations more than are meaningless. We observed the difference of the values of blocking and handoff failure probabilities as the truncated values for the state numbers and increase. And the truncated values were determined to be large enough within so that the probabilities between the truncation values give no difference. Table II , we set the truncation value at 42. Fig. 10 shows the new voice call blocking probabilities of the proposed P-Scheme and the conventional C-Scheme for varying the soft handoff region size and , which corresponds to 19, 36, and 51% soft handoff region in a cell region. The P-Scheme yields a considerable reduction in the new voice call blocking probability compared with the C-Scheme. This reduction is caused by the fact that the P-Scheme accommodates voice calls and data packets by using a full bandwidth and supports the higher QoS of voice soft handoff requests using the resources provided by suppressing the interference from stream-type data services, while the C-Scheme does not allow new voice call and data packet requests to use the reserved resources for voice soft handoff requests. Fig. 11 illustrates the voice soft handoff failure probabilities for varying the soft handoff region size. Since an amount of radio resources is reserved for voice soft handoff call requests, the soft handoff failure probability is lower than the new voice call blocking probability. The probability of the P-Scheme is lower than that of the C-Scheme. Fig. 12 shows the data packet loss probabilities of both the P-Scheme and the C-Scheme for varying the soft handoff region size. The data packet loss probability of the P-Scheme is also lower than for the C-Scheme. Fig. 13 illustrates the throughput versus the frame delay for varying the soft handoff region size. The throughput of the P-Scheme is slightly higher than for the C-Scheme, while the frame delay is longer. However, an increase in the frame delay is less than only a few percentage. Table III shows the voice and data capacities of the P-Scheme and the C-Scheme for varying the values of the resources for voice soft handoff requests. Voice capacity is defined as the maximum offered load in erlangs at which both and are less than 10 and 10 , respectively, and data capacity is the maximum load with less than 10 . As increases, the percentage increase in voice and data capacities of the P-Scheme is larger than the C-Scheme except for voice capacity at
. Suppression in the P-Scheme can be made only if the interference from stream-type data users is larger than , which is set at 2 in the table. Thus, the probability that the suppression is not feasible becomes higher as increases. This probability can be reduced by decreasing while the frame delay is longer because the suppression rate increases with a decrease in . Fig. 14 illustrates the voice soft handoff failure probability and the throughput versus the frame delay of the P-Scheme for three different values of with . The soft handoff failure probability decreases as decreases, while the frame delay increases steeply at a high offered load. However, an increase in the frame delay is small in the range in which the data packet loss probability is less than 10 . Table IV shows the voice and data capacities as the ratio of new data packet arrival rate to new voice call arrival rate varies. The cases of and correspond to 15, 27, 35, and 42% data traffic load in erlangs, respectively. When 15% stream-type data traffic is loaded, the voice capacities of the P-Scheme and the C-Scheme are similar. However, the data capacity of the P-Scheme yields 19.89% larger than for the C-Scheme. As data traffic is more loaded relative to voice traffic, a larger percentage enhancement in the voice capacity of the P-Scheme is obtained, while the percentage changes in data capacity are small. VI. CONCLUSION An admission control scheme for voice soft handoff requests was proposed in DS-CDMA cellular systems that support voice and stream-type data services. The proposed P-Scheme admits both voice and stream-type data services if there are available resources, and it gives priority to voice soft handoff requests by the interference suppression of delay-tolerant stream-type data services not only to guarantee the higher QoS for voice soft handoff requests but also to maximize system capacity.
The performance of the P-Scheme and the C-Scheme was compared in terms of the blocking probability of new voice calls, the voice soft handoff failure probability, the data packet loss probability, the throughput, and the frame delay of data packets using a Markovian model. Based on numerical results, voice and data capacities can significantly be improved by the P-Scheme compared with the C-Scheme. The P-Scheme has more capacity gains as the amount of resources reserved for voice soft handoff requests is larger and as the ratio of stream-type data traffic to voice traffic increases. When the traffic ratio of stream-type data services is 27% of the total traffic load, the voice and data capacities of the P-Scheme are 11.04% and 19.43% larger than for those of the C-Scheme. Stream-type data traffic, which here refers to data services with a longer service holding time than only a few seconds, is expected to occupy a considerable portion in third-generation systems. Therefore, the P-Scheme will be widely used in future-generation cellular systems. Since September 2000, he has been with Samsung Electronics Co. Ltd. His research interests include mobility/traffic analyses, resource control strategies, and detection algorithms in cellular networks. His recent area of work is hardware design for UMTS NB-TDD mode systems.
